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EXPRESS MAIL#EE446738955US 

MULTI-LINE APPEARANCE TELEPHONY VIA A COMPUTER NETWORK 



RELATED APPLICATIONS FILED CONCURRENTLY HEREWITH 

This invention is related to the following inventions, all of which are filed 
concurrently herewith and assigned to the assignee of the rights in the present invention: 
Serial No. (sfi / lOSfiNo (Attorney Docket No. 98-808) of Gardell et al. entitled "A 

HIGH SPEED COMMUNICATIONS SYSTEM OPERATING OVER A COMPUTER 
NETWORK"; Serial No. 0^/77 7/^ (Attorney Docket No. 97-814) of Gardell et 

al. entitled "MULTI-LINE TELEPHONY VIA NETWORK GATEWAYS"; Serial No. 
V9^7f/30 (Attorney Docket No. 97-810) of Gardell et al. entitled "NETWORK 
PRESENCE FOR A COMMUNICATIONS SYSTEM OPERATING OVER A COMPUTER 
NETWORK"; Serial No. . (Attorney Docket No. 97-809) of Gardell et al. 

entitled "SPEAKER IDENTIFIER FOR MULTI-PARTY CONFERENCE"; Serial No. 

ft I (Attorney Docket No. 97-81 1) of Gardell et al. entitled "SYSTEM 



PROVIDING INTEGRATED SERVICES OVER A COMPUTER NETWORK"; and Serial 

No. (Attorney Docket No. 97-812) of Gardell et al. entitled "REAL-TIME 

VOICEMAIL MONITORING AND CALL CONTROL". 



FIELD OF THE INVENTION 

The present invention generally relates to the field of telecommunications. 
More specifically, the invention is directed to a method and apparatus for providing various 
multi-line appearance capabilities in a communications system provided over a computer 
network, such as an H.323-based communication system. 



BACKGROUND OF THE INVENTION 

H.323 is an International Telecommunications Union (ITU) standard that 
provides guidelines for terminals and equipment that provide multimedia communications 
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services over computer networks such as packet based networks (PBNs). H.323 terminals and 
equipment may carry real-time audio, video and/or data. 

The packet based network over which H.323 terminals communicate may be a 
point-to-point connection, a single network segment, or an inter-network having multiple 
segments with complex topologies, such as local area networks (LANs), Intra-Networks, and 
Inter-Networks, including the Internet. 

H.323 terminals may be used in point-to-point, multi-point, or broadcast (as 
described in the ITU H.332's standard) configurations. They may interwork with other 
equipment described in standards, such as H.310 terminals on B-ISDN, H.320 terminals on N- 
ISDN, H.321 terminals on B-ISDN, H.322 terminals on Guaranteed Quality of Service LANs, 
H.324 terminals on switched telephone and wireless networks, V.70 terminals on telephone 
networks, and voice terminals on telephone networks or ISDN through the use of gateways. 
H.323 terminals may be integrated into personal computers or implemented in stand-alone 
devices such as video telephones. 

Computer networks which are capable of transmitting data or information 

C 

between locations, such as the above-mentioned Internet, have^been used to transmit audio 
information between computers. At the transmitting computer, a person's voice may be 
digitized using a conventional analog to digital (A/D) converter and transmitted to the 
receiving location where it is passed through a conventional digital to analog (D/A) converter 
and presented as audio. This type of audio connectivity is somewhat similar to flat rate 
telephony, in that audio information may be transmitted from one location to another by way 
of a high bandwidth, flat rate communications medium. However, this type of computer 
telephony system suffers from several major disadvantages. First, the system is limited to 
only those customers who have access to the Internet and who are using compatible end-point 
software. In addition, while Internet access has now widely proliferated, it has not reached the 
near universal accessibility of traditional telephone service over public switched telephone 
networks (PSTN) and the like. Thus, such a computer telephony system is totally useless if a 
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user on the Internet desires to communicate with someone who does not have access to the 
Internet. 

On the other hand, an H.323-based communications system allows a computer 
network, such as the Internet, to interact with a conventional telephone network, such as a 
PSTN, general switched telephone network (GSTN), integrated services digital network 
(ISDN), or other switched circuit network (SCN), all of which are referred to generally herein 
as switched circuit networks. Such a system provides the appropriate translation between 
switched circuit network and packet based network data formats and between different 
communication procedures, in order to allow a user on one system (such as the PSTN) to 
communicate with a user on an otherwise incompatible system (such as a packet based 
network). 

While the H.323-based communications system is quite effective at supporting 
communication between two otherwise incompatible networks, current use of that system has 
been somewhat limited. The system supports communication between two parties and also 
provides for conferencing of multiple parties in a single call. However, H.323-based systems 
do not presently address the provision of more traditional multi-line phone behavior offered in 
PSTN and other more conventional telecommunications networks. This is a significant 
drawback, especially for those who are already reluctant to convert from conventional 
telecommunications networks to an H.323-based system for their telecommunications needs. 

Accordingly, it will be apparent to those of ordinary skill in the art that there 
continues to be a need for a communications system that allow Aor communication between a 
packet based network and a conventional switched circuit network, while simultaneously 
providing various multi-line appearance capabilities offered on switched circuit networks. 
The present invention addresses these needs and others. 
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SUMMARY OF THE INVENTION 

According to the present invention, a novel means are provided for establishing 
various forms of multi-line appearance capabilities on a computer network. The invention 
provides several different multi-line appearance variations, including the capability of 
presenting multiple active lines to a user at a terminal end-point, the presentation of "key 
system" behavior, and the presentation of "attendant/attendee" behavior, as are offered in 
conventional switched circuit networks. The present invention is incorporated in a network- 
based system to support communication with conventional switched circuit networks. The 
network-based system includes a gateway that provides for communication between two 
dissimilar networks, a signal routing agent that controls operations and transmits signals, and 
one or more terminal end-points to receive the above-mentioned multi-line appearances. 

Thus, the system of the present invention in one illustrative embodiment 
includes: a gateway in communication with a switched circuit network, which gateway is 
operative to translate switched circuit network-compatible signals into computer network- 
compatible signals. A signal routing agent is in communication with the gateway and with 
one or more terminal end-points, and is operative to receive plural incoming calls from the 
gateway addressed to a selected one of the terminals. The signal routing agent is also 
programmed to simultaneously transmit plural line appearance signals to the selected terminal. 
The terminal includes a user interface configured to simultaneously display multiple line 
appearance messages received from the signal routing agent. 

In another illustrative embodiment, the system of the present invention 
comprises: a signal routing agent; a gateway adapted to receive incoming calls, and at least 
one gatekeeper. The gateway is operative to translate the incoming calls into computer 
network-compatible signals. The at least one gatekeeper is in communication with the 
gateway and is responsive to receipt of the incoming call to control the gateway to transmit the 
computer network-compatible signals to the signal routing agent. The signal routing agent is 
responsive to receipt of the computer network-compatible signals so as to determine the 
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corresponding terminals assigned to receive the signals and to transmit line appearance 
messages to the respective terminals. 

An illustrative method according to the present invention includes the steps of: 
receiving plural incoming calls addressed to a particular number; accessing a configuration 
database to determine the end-point or end-points associated with the dialed number; 
transmitting plural line appearance signals to each of the associated end-points; and displaying 
the plural line appearances at each terminal end-point. 

BRIEF DESCRIPTION OF THE DRAWINGS 

Other objects, features and advantages of the invention discussed in the above 
summary of the invention will be more clearly understood when taken together with the 
following detailed description of the embodiments which will be understood as being 
illustrative only, and the accompanying drawings reflecting aspects of those embodiments, in 
which: 

FIG. 1 is a block diagram of an H.323-based communications system 
comprising one illustrative embodiment of the present invention; 

FIG. 2 is a flow chart depicting the operational flow of the system of FIG. 1; 

FIG. 3 is a block diagram of an alternative embodiment of the system of the 
present invention; 

FIG. 4 is a timing diagram for the signaling sequence of the system of FIG. 3; 

FIG. 5 is a flow chart depicting the operational flow of the system of FIG. 3; 

FIG. 6 is a schematic diagram of a configuration database utilized by the 
present invention; and 

FIG. 7 is a schematic diagram of one embodiment of the layout of a graphical 
user interface according to the present invention. 
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DETAILED DESCRIPTION OF THE PREFERRED EMBODIMENTS 

Referring now to the drawings, and particularly to FIG. 1, there is shown an 
H.323-based network system 10 comprising an illustrative embodiment of the computer 
network-based communication system of the present invention. Generally, the network 
system includes a gateway 12, a gatekeeper 14, a signal routing device, for example a call 
control service entity 16 (CCSE), a configuration database 18, and plural terminal end-points 
20. In this embodiment, the network system is operative to receive plural incoming calls 
from, for example, a public switched telephone network 22 (PSTN) that seek to establish 
communication with the same terminal end-point, determine the Internet Protocol (IP) address 
for the corresponding terminal end-point, and transmit plural line appearance messages to that 
terminal end-point. 

The gateway 12 comprises an H.323-defined entity, and provides for signaling 
conversion between the switched public network, for example the PSTN 22, and the H.323- 
based network to support communication therebetween. The gateway also allows for 
interworking with other H-series terminals, GSTN or ISDN voice terminals, or GSTN or 
ISDN data terminals. The gateway is operative to accept a call originating on, for example, 
the PSTN, convert the signal to an H.323-compatible format, and pass it into the H.323 
network. The gateway may also perform the opposite function, namely take a call originating 
in H.323, convert the signal to a PSTN-compatible format, and pass it on to the PSTN. The 
gateway is responsible for passing caller-ID data, number-dialed data, and other such 
information in both directions. Various telephony signaling technologies may be used by the 
gateway to perform these functions, as are well known to those of ordinary skill in the art. 

The gatekeeper 14 provides admissions control and address translation 
services. In addition, the gatekeeper may also handle call control services and route call 
control signals to the H.323 terminal end-points 20. The gatekeeper is in communication with 
the gateway and receives a translated phone number dialed by a caller on the PSTN from the 
gateway. The gatekeeper accesses a translation table (not shown) to determine the 
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corresponding Internet Protocol address of the terminal end-point. 

The gatekeeper 14 typically includes a server in the form of a computer or 
router that is dedicated to running the gatekeeper. The computer or router is programmed 
with software to provide H.323 specified gatekeeper functionality. 

The CCSE 16 is a signal routing agent and is responsible for attempting to 
connect a caller with a particular terminal end-point 20. The CCSE determines the 
appropriate terminal end-point for receiving the call and routes the signal to the terminal end- 
point, as is described in greater detail below. In place of the CCSE 16, a call routed 
gatekeeper could be used to provide the call control services for the network 10. The 
gatekeeper would then process the call signaling itself and complete the call signaling with the 
terminal end-point or end-points. 

The CCSE 16 includes a call control manager 24 and a multi-point control unit 
26 (MCU). The MCU is operative to establish a multi-point conference with three or more 
terminal end-points and includes a multi-point controller (MC) (not shown) that controls the 
functions to support such conferences. The MC determines the selected communication mode 
for the conference and transmits signals to the terminal end-points indicating the operating 
mode in which those terminals may transmit data. 

The configuration database 18 is preferably in the form of an association or 
look-up table, as is illustratively depicted in FIG. 6. The association table comprises plural 
address lines 27, each of which provides a segment to link a dialed number, for example an 
E.164 address 28, and the corresponding IP address 29 for the terminal end-point or end- 
points. Thus, the association table allows the network system 10 to use the E.164 address data 
received from the PSTN to determine the corresponding terminal end-point or end-points to 
be notified, as is described in greater detail below. As shown in FIG. 6 as an example, the 
telephone number 555-1000 corresponds with a business' primary line and is routed to 
terminal end-points Tl, T2, and T3, which would be the persons responsible for answering the 
main business line. The telephone number 555-1010 is routed to end-points T3 and T4, which 
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for example could be, respectively, a secretary (attendant) and the secretary's boss (attendee). 
Furthermore, the telephone number 555-101 1 is routed only to end-point T3, and would 
constitute the secretary's direct line. 

The terminal end-points 20 include both input and output equipment for 
supporting video and audio. Preferably, the terminals include graphical user interfaces (GUIs) 
for presenting line appearances in various formats, as is described in more detail below. 

The special features of the network system 10 of the present invention are 
implemented, in part, by software programs stored in memory. The software programs are 
accessible by the components of the system, the function of which is described in greater 
detail in connection with FIGS. 2, 4, and 5. 

Referring now to FIGS. 1 and 2, one preferred method of the present invention 
is described. A call placed by a user on the PSTN is transmitted to the gateway 12. At step 
30, the gateway performs the necessary translation into the H.323 format. At step 32, the 
translated signal is transmitted to the gatekeeper 14, which receives the signal and performs 
the access control function in order to authorize the call from the caller. Possible reasons for 
rejection may include restricted access to or from particular terminals or gateways and 
restricted access during certain time periods. 

Assuming that the call is authorized, operation proceeds to step 34, where the 
gatekeeper 14 directs the gateway 12 to establish a signaling path directly to the signal routing 
device, in this case the CCSE 16. The CCSE receives the logical address for the call, such as 
a specific E.164 address. The CCSE then accesses the configuration database 18, which is in 
the form of an association or look-up table (FIG. 6). The CCSE uses the logical address to 
determine the address of the corresponding terminal end-point and routes the incoming call to 
that terminal end-point, at step 36. The terminal is programmed to display the incoming call 
as a line appearance on the GUI. Operation then flows back to step 30, and the process is 
repeated. 

If the CCSE 16 receives multiple incoming calls, the CCSE accesses the 
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configuration database 18 for each such call, determines the corresponding terminal end-point 
20 for each call, and routes the incoming calls to the respective terminal end-points. If more 
than one of the incoming calls seeks to connect with a particular terminal end-point, the CCSE 
routes the appropriate line appearance messages to the terminal end-point, and the terminal 
displays each line appearance message, for example in a scrollable list 38 or the like, as 
depicted in FIG. 7 and described further below. — 

Referring now to FIG. 3, there is shown a second embodiment of a network 
system of the present invention. The network system 40 comprises a gateway 42, a pair of 
gatekeepers 44 and 46, a CCSE 48, and plural terminal end-points 50 and 52. This system can 
be used in both the "key system" and "attendant/attendee" configurations to provide more 
traditional telephone features to a computer network. 

A "key system" configuration is one in which a single incoming call is routed 
to multiple end-points. For example, in relatively small offices or retail establishments, there 
are often plural telephone devices, and each is set to ring when the office's main phone 
number is dialed. The call may be answered at one or more of the telephone devices. 

An "attendant/attendee" system is somewhat similar to the "key system", in 
that a single incoming call may be routed to multiple telephone devices. However, in an 
"attendant/attendee" configuration, one of the telephone devices is actually the target end- 
point of the caller. The most common example of this configuration is a business person and 
his or her secretary. A telephone call seeking to connect to the business person's line is often 
routed to both the business person's telephone device as well as the secretary's telephone 
device. However, if the secretary's direct number is dialed, the call appears only at the 
secretary's telephone device. 

In FIG. 3, the gateway 42 is in communication with the PSTN 54 for two-way 
communication therebetween, as described above. Alternatively, instead of being in 
communication with the PSTN, the gateway could be in communication with another packet 
based network or with some other switched circuit network. 
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The first gatekeeper 44 is in communication with the gateway 42 to receive, for 
example, the translated address from the gateway. The first gatekeeper 44 is operative to 
multicast a location request to plural gatekeepers (only the affirmatively responding 
gatekeeper 46 is shown in FIG. 3) to locate the gatekeeper that services a particular dialed 
number, as is described in greater detail below. 

The CCSE 48 is in communication with the gateway 42 and with the 
affirmatively responding gatekeeper 46. The CCSE serves as the signal routing agent for the 
call signals and communicates directly with the gateway 42. As with the previous 
embodiment, a call routing gatekeeper can be used in the place of the CCSE. 

Referring to FIG. 4, there is shown a timing diagram for the signaling involved 
in the "key system" mode of the present invention, and FIG. 5 shows the corresponding flow 
chart, whereby a single incoming call appears virtually simultaneously on two or more 
terminal end-points. An incoming call from telephone device A is transmitted as a Setup (1) 
signal through the PSTN switching network SW and to the gateway (GW) 42 as a Setup (2) 
signal. The gateway then transmits an admission request (ARQ) signal ARQ (3) to the first 
gatekeeper 44 (GKi), corresponding to step 70 in FIG. 5. The first gatekeeper GKj is then 
operative to multicast a location request (LRQ) signal LRQ (4) to locate the gatekeeper GK2 
that services the number dialed at the telephone device A. The second gatekeeper 46 (GK2), 
which services the number dialed, then transmits a location confirmation (LCF) signal LCF 

(5) to the first gatekeeper GKj, which transmits an admission confirmation (ACF) signal ACF 

(6) to the gateway GW with the address of the corresponding CCSE 48 that services the 
number dialed. The ACF (6) signal also serves to direct the gateway GW to establish a direct 
signaling path to the CCSE, corresponding to step 72 in FIG. 5. 

The gateway 42 (GW) then transmits a Setup (7) signal to the CCSE 48, which 
responds with a call proceeding signal CallPr (8) transmitted back to the gateway. The CCSE 
then accesses the configuration database 56 to determine the corresponding terminal end-point 
or end-points that are to receive line appearances for the particular incoming call, 
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corresponding to step 74 in FIG. 5. As described above, the configuration database includes 
an association table, a look-up table, or the like, including a column of switched circuit 
network addresses and corresponding packet based network addresses. In this example, the 
CCSE accesses the configuration database and determines that two terminal end-points are to 
receive the incoming call, namely end-points Tl and T2. The CCSE then transmits a pair of 
ARQ signals ARQ (9) and ARQ (10) to the second gatekeeper 46, one for each terminal end- 
point. The second gatekeeper 46 then transmits a pair of ACF signals ACF (11) and ACF (12) 
back to the CCSE 48 authorizing the CCSE to communicate directly with the two terminals 
50 and 52, which are the end-points Tl and T2. The CCSE then transmits, at approximately 
the same time, respective setup signals Setup (13) and Setup (14) to Tl and T2, which appear 
in the form of line appearances at the graphical user interfaces of each end-point, 
corresponding to step 76 in FIG. 5. In this manner, a key system is achieved whereby a single 
incoming call is presented at multiple end-points, as established by the CCSE and 
configuration database. 

As described above, the CCSE 48 can be replaced with a call routed gatekeeper 
that is programmed to access the configuration database 56 and determine to which terminal 
end-point or end-points a particular incoming call is to be routed. 

As shown in FIG. 4, assuming the user at each end-point Tl and T2 desires to 
accept the call, each end-point transmits an ARQ signal, ARQ (17) and ARQ (19), to the 
second gatekeeper 46 (GK 2 ). The gatekeeper GK 2 responds with respective ACF signals ACF 
(18) and ACF (20), which include the call signaling channel transport address of the CCSE 
48. The end-points Tl and T2 then transmit respective alert signals Alert (21) and Alert (25) 
directly to the CCSE indicating that each end-point is accepting the call. Respective alert 
signals Alert (22), Alert (23), and Alert (24) are transmitted through the gateway 42 (GW) and 
PSTN switching network SW to the caller's telephone device A. The end-points Tl and T2 
then transmit connect signals Connect (26) and Connect (30) to the CCSE, which then 
transmits a connect signal Connect (27) to the gateway GW, which routes Connect (28) signal 
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to the PSTN switching network SW, which in turn transmits a Connect (29) signal to the 
caller's telephone device A, thereby establishing a communication channel between the 
caller's telephone device and the two end-points Tl and T2, via the signal routing agent 
CCSE 48. 

It will be apparent that the number of terminal end-points may be more or less 
than two for a particular incoming call. It will also be apparent that depending on the 
telephone number dialed, different sets of end-points will receive a corresponding line 
appearance. For example, an incoming call to a main company number may be routed to 
every terminal end-point in the company (such as the number 555-1000 in FIG. 6), whereas an 
incoming call to the company's customer service number is only routed to the terminal end- 
points manned by the company's customer service representatives. Such information is 
conveniently and efficiently maintained in the configuration database 56 (FIG. 6). 

In the case of an "attendant/attendee" system, the procedure employed by the 
system 40 is similar to the "key system" configuration and may even be identical. A call to a 
particular telephone number is routed through the gateway 42 (GW) and first gatekeeper 44 
(GKi), which locates the second gatekeeper 46 (GK 2 ) that services the particular number. The 
first gatekeeper GK| then directs the gateway GW to communicate directly with the CCSE 48. 
The CCSE accesses the configuration database 56 to determine the terminal end-point or end- 
points which are to receive line appearances corresponding to that incoming call. Where the 
dialed phone number is an "attendee's" phone line, then the procedure is essentially identical 
to a two-terminal key system configuration, as described above, and the incoming call is 
virtually simultaneously routed to the attendee and the associated attendant, as determined by 
accessing the configuration database. However, if the dialed phone number is to an 
attendant's direct line, then the incoming call is only routed to the attendant's terminal end- 
point. 

It is well known to those of ordinary skill in the art that many central offices 
provide, along with the incoming call setup signal, Caller Identification ("Caller ID") 
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information. Thus, as shown in FIG. 7, the scrollable list 38 of line appearances on the 
terminal end-point 20 can display the caller's phone number (such as entries 2 and 4), the 
caller's name in instances where the party being called has previously entered the association 
between the phone number and caller's name (such as entry 1), and the like. In addition, 
where a caller has Caller ID blocking, the line appearance simply says "Blocked Call" or the 
like. Thus, rather than simply displaying plural line appearances without any identification of 
the caller, the display, e.g. a graphical user interface at a terminal, can display names, 
numbers, and the like, typically in the order the calls were received, to allow the party being 
called to make an informed selection of the incoming call that he or she wishes to accept. 

The system 10 of the present invention in one illustrative embodiment may be 
incorporated in a hierarchical communications network, as is disclosed in co-pending U.S. 
Patent Application Serial Number _ (Attorney Docket Number 98-808) of 

Gardell et al. entitled "A HIGH SPEED COMMUNICATIONS SYSTEM OPERATING 
OVER A COMPUTER NETWORK", and filed on 

, the disclosure of which is incorporated herein 

by reference. Thus, the various multi-line appearance capabilities disclosed herein may be 
implemented in a nationwide or even worldwide hierarchical computer network. 

From the foregoing, it will be apparent that the network system lO.of the 
present invention modifies existing computer network-based communications systems, such 
as H.323-based systems, to provide more traditional multi-line appearance capabilities. In 
particular, the ability to provide key system and attendant/attendee modes is achieved by the 
present invention. 

While the invention has been particularly shown and described with reference 
to preferred embodiments thereof, it will be understood by those skilled in the art that various 
changes in form and details may be made therein without departing from the spirit and scope 
of the invention. 
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